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ABSTRACT Our objective is to derive a low bitrate coding method for im-

In this paper, our objective is to propose a coding method foimersive audio applications. Immersive audio as opposed to multi-
low bitrate immersive audio applications. This translates into: (aghannel audio, implies that the listener’s environment will be seam-
focusing on Spot microphone Signais for providing interactivity be-|eSS|y transf_ormed |nt9 the enVI_ronment of his/her de.Sll'e, an_d that
tween the user and the environment, and (b) deriving a model whid’ﬂ_e listener is able to interact with the content accordlng_ to his/her
can take advantage of the similarities among the various spot sig¥ill. Immersive audio is largely based on enhanced audio content,
nals of a given multichannel recording. Spot signals are the microhich translates into using a large number of microphones for ob-
phone recordings of a performance, before obtaining the multicharfining a recording, containing as many sound sources as possible.
nel mix. We propose a modified sinusoids plus noise model. Tha’he_se sources o_ffer increased sound dlrectlons_a_rour_ld the Il_st_ener
noise component for each spot signal is obtained by transformingur'ng reproduction, but are also useful for providing interactivity
the noise part of one of the signals (reference), using the noise eRetween the user and the audio environment. Examples include
velope of each of the remaining spot signals. Reproduction of googollaboration of geographically distributed musicians [6], or tele-
quality and without loss of image width can be achieved using théresence in a concert hall performance where the user can “move”
proposed approach, by encoding a single audio channel, with sidgound the venue. Consequently, emphasis is on encoding the mul-

information per spot signal in the order of 19 kbps. tiple microphone recordings of a given performance, before those
are mixed into the final multichannel mix. These microphone sig-
1. INTRODUCTION nals, also referred to as spot signals, are the signals that are captured

o . o e.g. by the various microphones that are placed inside a concert hall.
Similarly to the transition from analog to digital sound that took

place during the 80s, these last years we have been experiencing '" this paper, the sinusoids plus noise model (henceforth re-
the transition from 2-channel stereophonic sound to multichanné]?grred to as SNM for brevity), which has been used extensively
sound. This transition has shown the potential of multichannel aufor monophonic audio signals, is introduced in the context of low-
dio to surround the listener with sound and offer a more realistiﬁ!trate coding foimmersive audio. As in the SAC method for low
acoustic scene compared to 2-channel stereo. Current multichafiirate multichannel audio coding, our approach is to encode one
nel audio systems place 5 or 7 loudspeakers around the listener #dio channel only (which can be one of the spot signals or a down-
pre-defined positions, and a loudspeaker for low-frequency soundg/X), While for the remaining spot signals we retain only the pa-
(5.1 and 7.1 multichannel audio systems, respectively), and are uigmeters that allow for resynthesis of the content at the decoder.
lized not only for film but also for audio-only content. Multichan- |N€S€ parameters are the sinusoidal parameters (harmonic part) of
nel audio offers the advantage of improved realism compared t§2ch SPOt signal, as well as the short-time spectral envelope (esti-
2-channel stereo sound at the expense of increased information cdRated using Linear Predictive — LP — analysis) of the sinusoidal
cerning the storage and transmission of this medium. This is impof20iS€ component of each spot signal. These parameters are not as
tant in many network-based applications, such as Digital Radio anf€Manding in coding rates, as the true noise part of the SNM mode.
Internet audio. Consequently, many compression techniques hay@" this reason, the noise part of only the reference signal is re-
been proposed in order to give efficient solutions in several bitratgined; during the resynthesis of each spot signal, its harmonic part
constrained applications. Multichannel audio coding methods, suctf 2dded to the noise part, which is recreated by using the corre-
as [1, 2], achieve a significant coding gain but remain demandingpond'ng noise envelope with the noise residual obtained from the
for many low-bandwidth applications, such as streaming througfieference channel. This procedure, described in our recent work as
the Internet and wireless channels. Recently, MPEG Surround [3]01Se transplantation [7], is based on the observation that the noise
has been introduced, achieving significant compression of multi¢omponent of the spot signals of the same multichannel recording
channel audio recordings. MPEG Surround is based on the Spati@[® Very similar when the harmonic part has been captured with an
Audio Coding (SAC) concept; SAC captures the spatial image of Qppropriate number of sinusoids. In this paper, the mode_llng as well
multichannel audio signal by encoding only one channel of audidS the coding stage of the model parameters are described, and the
(reference channel, which can be a downmix signal) and the paranfWer limits are defined in terms of bitrate that our proposed system
eters that capture the multichannel spatial image as side inform&&n achieve. The modeling results provided in this paper illustrate
tion. At the decoder, the original spatial image of the multichannefh® resulting quality and image width obtained using the proposed

recording can be recreated, by applying the extracted spatial cud0del in a stereophonic playback setting. It is of main interest to
to the reference channel. For each channel (excluding the refefXamine whether the proposed approach results in introducing cor-
ation among the various spot signals, which in turn would result

ence), these spatial cues can be encoded with rates as low as 5 kb5 J > oF X ;
MPEG Surround is based on the work on Binaural Cue Coding [4]n [0S of spatial image width in the resulting stereophonic record-
ng. The coding of the parameters used in the model is also exam-

and Parametric Stereo [5]. X X h . .
[5] ined here. The coding of the sinusoidal parameters is based on the
This work has been funded by the Marie Curie TOK “ASPIRE” grant quantization scheme of [8], while the encoding process of the noise
within the 6" European Community Framework Program. envelope is based on the vector quantization method of [9].




2. MODELING OF SPOT SIGNALS

Signall
2.1 Sinusoids Plus Noise Model
The sinusoids plus noise model (SNM) (a popular implementation S‘sj;,‘;‘il
of SNM for audio signals can be found in [10]) extends the si- R esidual l
nusoidal model (initially proposed for speech signals by [11]), by , Sgnall atvis
representing a signal(n), with harmonic nature, as the sum of a —'@dmg AR o Signal2
predefined number of sinusoids (harmonic part) and a noise term Spectral
(stochastic partg(n) (for each short-time analysis frame) Envelope2
L
s(n) =Y oycofmn+¢)+en),n=0,... .N-1 (1)

=1 Siusoital
whereL denotes the number of sinusoidsy , @, ¢ }-_, are the Resilual Smiss
constant amplitudes, frequencies and phases respectively &d Sgnall AR el %
the length (in samples) of the analysis short-time frame of the sig- s SignalM
nal. The noise component is also needed for representing the noise- Spectral
like part of audio signals which is audible and is necessary for high- EErel

quality resynthesis. The noise component can be computed by sub-
tracting the harmonic component from the original signal. Model-
ing the noise component is a challenging task. We follow the pop-
ular approach of modeling(n) as the result of filtering a residual
noise component with an autoregressive (AR) filter that models the
noise spectral envelopie.,

Figure 1: Diagram of the proposed decoding approach.

p wheree(n) is represented in the frequency domain as
e(n) = Y b(i)e(n—i)+re(n), @) . 1 2 .
i=1 %K(ejw) - W Se(ref) (ejw)- (5)
wherere(n) is the residual of the noise, aqds the AR filter order, ~ 2z b
while vectorb = (1, —b(1), —b(2), ..., —b(p))T represents the spec- In the relations aboveay | , ax, , ¢ } are the estimated sinusoidal
tral envelope of the noise componai(n) and can be obtained by parameters of side signgl and{by} is the signal’s LP noise shap-
LP analysis. In the frequency domain (2) becomes ing filter. The approximated noise component for sigalé(n),
_ 1 2 ) is computed by filtering the reference channel residual noise with
S(el?) = ‘_‘ 5. (e1?), 3) the noise shaping filtefby} of the corresponding side signal. The
B(el?) power spectrum of the residual of the reference signal can be com-

whereSy(el?) ands, (e®) is the power spectrum efn) andre(n), ~ Puted by the following expression

respectively, whileB(e!®) is the frequency response of the LP filter o p Lol o

b. In the remainder of the paper, we refefo) as the (sinusoidal) Se(ref) (€)= ‘l*i;bUef)(')e Seiren (e), ®)

noise signal, and tae(n) as theresidual (noise) ofe(n). . ) T ) )
whereeet) is the sinusoidal noise obtained from the reference sig-

2.2 Noise Transplantation nal. This resynthesis process is depicted in Fig. 1.

Consider a collection o microphone signals that correspond to

the same multichannel recording and thus have similar acoustical 3. CODING OF SPOT SIGNALS

content. We model and encode as a full audio channel only one . . .
of the signals (alternatively it can be a downmég. a sum sig- The second part of our method is the coding procedure. It can be di-

nal), which is the reference signal. The remaining (side) signals ardded into two tasks; the quantization of the sinusoidal parameters
modeled by the SNM, retaining their sinusoidal components and thend the quantization of the noise spectral envelopes for each side
noise spectral envelope (filtérin (2)). In order to reconstruct the signal (for each short-time frame). In Fig, 1 we can see the decod-
spot side signals, we obtain the LP residual of the reference chatjid Process, where the reference signal (Sl_gnal 1is fu_IIy encoded
nel’s noise signal. Each side microphone signal is reconstructe, 0. using an MP3 encoder at 64 kbps), while the remairking 1

using its sinusoidal component and its noise LP filter. In specific gnals are reconstructed using the quantized sinusoidal and LP pa-

its harmonic component is added to the noise component that it IJrsameters, and the LP residual obtained from the reference channel.

obtained by filtering, with the signal’s LP noise shaping filter, the

LP residual of the sinusoidal noise from the reference signal. InthiS.1 Coding of the Sinusoidal Parameters

manner, we avoid encoding the residual of each of the side signals. ] o )
This is important, since this signal is of highly stochastic nature\We adopt the coding scheme of [8], developed for jointly opti-
and cannot be adequately represented using a small number of gaal quantization of sinusoidal frequencies, amplitudes and phases.
rameters (thus, it is highly demanding in bitrates for accurate enIhe sinusoidal parameters are quantized in polar form, assuming
coding). We note that modeling this signal with parametric models dependence of the frequency quantization on the amplitude, and
results in low-quality audio resynthesis; in [7] we showed that ourd dependence of the phase quantization on the amplitude and the
noise transplantation method can result in significantly better quafrequency. This scheme is called Unrestricted Polar Quantization
ity audio modeling compared to parametric models for the residualUPQ) and represents a combination of three scalar quantizers,
signal. We obtained subjective scores around 4.0 using as low as P@sed on high-rate quantization. High-rate quantizers are formu-

sinusoids, which is very important for low bitrate coding. lated in terms of quantization point density functions, which are de-
The relation for the resynthesis of one of tiide microphone  fined as the inverse of the quantizer step aizevherei denotes the
signalsx, (using the reference signgher)) is, ith cell. The quantization scheme is entropy constrained, and each
reconstruction level is transmitted with variable codeword length.

L
fi(n) =Y o) cos(ax N+ ) +&(n) k=1,...,M,
=

(4) In order to derive the quantizers, the goal is to minimize, in
a segment-by-segment basis, the average weighted mean squared



distortion (WMSE) forL sinusoids wherei =1,...,C. The matrixA; is diagonal and contains the cor-
responding eigenvalues &, while Q; is the matrix containing

L
D= 1 z w; Dy (7) the corresponding set of orthogonal eigenvectorEoffor theit
L& Gaussian cl_ass of the model. Then, the_ Karhuneﬁwhd’ra_nsform
under the entropy constraint (KLT) substitutes each LSF vector for tlnTwe segmierey, with an-
L other decorrelated vectas, wherew, = Q; (z — u;). Afterwards,
1 the components of the vectoy can be independently quantized
H=r > (H(la) +Hwillot) +H g1 1e1))- ®) by a non-uniform quantizef,e., through a compressor, a uniform

. =1 . . . quantizer and an expander. Each LSF vector is classified to only
The given total entropy per sinusoid (amplitude, frequency, an@ne of theC GMM's, so that the above scheme can be applied. This
phase) is denoted bii. The entropiesH(ly1), H(loi[lw) @and  ciassification is performed in an analysis-by-synthesis manner. For
H(lgi|lo1) express the entropies of the individual quantization pa-gach LSF vector, the Log Spectral Density (LSD) is computed for
rameters. The mean squared error (MSk)introduced by the each GMM class, and the vector is classified to the cluster associ-
quantization of thd!" sinusoid is assigned a perceptual weight ated with the minimal LSD, which is defined as

wj, which is defined asyy = 1/my,, | = 1,...L, wheremy, is i
the masking threshold at the frequency of the corresponding sinu- 1 R S(f) 2
soid [12]. Clearly, lower weights will be assigned to sinusoids with LSD(i) = —/ {10Ioglo (A—)} df | , (15)
high values of the masking threshold, since the human auditory sys- Fs/ Si(f)
tem is less sensitive to sinusoids corresponding to that frequencies. e
The MSED over a segment of lengi, can be expressed as whereFs is the sampling rate§( f), S7(f) are respectively the LP
(N_1)/2 power spectra corresponding to the original veegaand the quan-
D =E 1 Y (g codmn+¢)—d cogdyn+ )25, tized vectorzf:), for each cluster=1,...,C. In the decoder side of
N n=—(N-1)/2 the quantization procedure, the correlated version of the quantized

vector is reconstructed by left multiplying of the reconstruatgd

where{ay, @, ¢ } and{dy, @, <73| } are the non-quantized and quan- with the matrixQ;. Finally, the clustgr meap; is added to obtain
tized sinusoidal parameters respectively, &fd} denotes the ex- the quantized value &, denoted ag:

pectation operation. Thus, the optimization problem is to minimize

the WMSE in (7) under the constraint expressed in (8). This con- 4. PERFORMANCE EVALUATION

strained minimization problem can be solved using the method of ) ) ] )

Lagrange multipliers. The evaluation of the Euler-Lagrange equal? this section, we are interested to examine the modeling as well
tions with respect to the point densitigg(:), go (®) andde(¢) as the coding performance of our proposed system, with respect to

(corresponding to amplitude, frequency, and phase, respectivelyfj€ resulting audio quality. For this purpose, several listening tests
give the optimum quantization point densities were performed. The specific parameter choices used in the fol-
lowing experiments were 10 sinusoids per frame for the sinusoidal

l_ ~
W&Z%Hfgb(A) model, 18" LP order for the noise spectral envelope, 30 msec win-
gale) = ga= SN (10)  dow with 50% overlapping for the sinusoidal model, 23 msec and
WG (12)° 75% overlapping for the LP model. The audio signals were sampled
N at 44.1 kHz unless otherwise stated.
aw&(%) 23H-30A)
go(®,¢) = dao(a)= I (11) 41 Modeling Performance
W,
. 1~g , In our previous work [7], listening tests were performed under a
owy? 23H =3P monophonic setting approach. In other words, the proposed model
Jo(d,0,W) = dola,w)= 1 ) (12)  was used in order to derive one microphone recording (monophonic

1

Wi Wg (%)% signal) from the reference signal, and this was presented separately
_to each listener using headphones. The results of this test indicated
that the perceived quality was good when using 40 sinusoids in the
model, but the results were lower when only 10 sinusoids were used.
However, it was apparent that the main source of degradation was
due to the fact that parts of the reference recording which were not
originally present in the originally recorded spot signal, were in-
cluded in the resynthesized spot signal. This fact is an undesired
. effect of the transplantation procedure, since it is not possible in
3.2 Coding of the Spectral Envelopes practice to avoid Igakage ofr;he reference signal to thg resynthe-
The second group of parameters for each spot signal that need $zed signal, given that the model parameters cannot capture all the
be encoded are the spectral envelopes of the sinusoidal noise. Wecrophone-specific information and completely “whiten” the ref-
follow the quantization scheme of [9]. The LP coefficients of eacherence residual. At the same time, it was clear that apart from this
spot signal that model the noise spectral envelope are transforméuterference, the quality of the resynthesized spot signals was not
to LSF’s (Line Spectral Frequencies) which are modeled by meanseverely affected. These observations are important since the pro-

wherew,, andwy are the arithmetic and geometric mean of the per
ceptual weights of thé sinusoids, respectivelyd = H — h(A) —
h(Q) —h(®) andb(A) = [ fa(a)log, (o) dee. The quantitiehi(A),
h(Q) andh(®) are the differential entropies of the amplitude, fre-
qguency and phase variables, respectively, whilex) denotes the
marginal pdf of the amplitude variable.

of a Gaussian Mixture Model (GMM), defined as posed model is designed for applications when all modeled signals
c are rendered simultaneously, possibly after a mixing process at the

gx) = Y, pIN(X; i, ). (13)  decoder. Thus, more important than the perceived quality of the in-

= dividual recordings is the perceived quality when these are rendered

simultaneously. Thus, if the only degradation of the modeled sig-
nals is the leakage among the several recordings, this will appear in
the stereophonic or multichannel setup as an image width and not
gsa quality distortion.
In order to test the aforementioned assumptions, two listen-
ing tests were designed in a stereophonic setup using good-quality
3= QiAiQiT, (14) headphones (Sennheiser HD-650). The first test was designed in

In the equation above\(x; i, X) is the normal multivariate distri-
bution with mean vecton and covariance matriX;, p; is the prior
probability that the observatiothas been generated by clustand

C is the number of clusters. The covariance matrix of each clust
can be diagonalized using eigenvalue decomposition as



Not perceived - q 5-Stereo -

Perceived, not annoying - 4 4 b

Slightly Annoying - q 3 r —

Annoying - q 2 r —
—&— Modeled signals
A - Anchor signals

. . . . . . . . .
Signal1  Signal2 Signal3 Signal4 Signal5 Signal6 Signal7 Signal8 Signal 9

Very Annoying 1-Mono

. . . . . . . . .
Signal 1 Signal 2 Signal 3 Signal 4 Signal 5 Signal 6 Signal 7 Signal 8 Signal 9

Figure 2: Results from the quality rating listening test. Only quality Figure 3: Results from the image width rating listening tests (ignor-
was rated, and listeners were asked to ignore image width distortiomg quality distortion).

order to test the quality of two modeled signals when rendered si- In the first listening test, the quality of the modeled signals in a
multaneously excluding the image width distortion. The secondstereophonic setting was assessed. The listeners were asked to grade
test was designed to test only the image width distortion excludingjuality while ignoring any possibly noticeable image width distor-
quality distortion. Both tests were performed following the ITU-R tion. Following the ITU-R [14] methodology, the modeled signals
BS.1116 [14] recommendations. In both tests 13 volunteers partisvere compared against the originally recorded signals, mixed with
ipated, who were trained so that they could distinguish among th#he samet14 dB factors. A 5-scale grading system (from 1-“very
types of distortion examined. annoying” audio quality compared to the original, to 5-“not per-
Separate monophonic spot recordings were modeled by the préeived” difference in quality), was employed. No anchor signals
posed approach for deriving the sound files used in the listening/ere used. The results of this test are shown in Fig. 2, where the
tests. This is due to the fact that under the proposed scheme t#% confidence interval are shown (the vertical lines indicate the
actual stereophonic or multichannel recordings are mixed after deeonfidence limits). Itis clear from this image that the quality for all
coding. The reason is that the proposed algorithm cannot retain resamples remains well above 4.0 grade, even for the more complex
ative amplitude and time differences between the audio channelghorus signals.
so the spatial image of an already mixed recording would be lost. In the second listening test, the resulting image width was eval-
Thus, the following monophonic recordings were used, each cordated against the originally recorded signals. The procedure was
taining a separate instrument recording (the duration of each aud@ame as in the first test, but now grading referred to the resulting
clip was around 10 sec): (i) bass singer, (i) soprano, (jii) trumpetjmage width compared to the original stereo recording. Thus, a
(iv) harpsichord, (v) violin, (vi) rock singer, (vii) rock guitar, (vii) grade of 1.0 corresponded to a fully monophonic perception of the
male speech, (ix) female speech, (x) male chorus, (xi) female chgecording, while 5.0 corresponded to the image width of the origi-
rus. Signals (i)-(v) are excerpts from the EBU SQAM (Sound Qual-nal. Listeners were instructed to ignore quality distortion. An an-
ity Assessment Material) test disc, and were obtained ¥rafhese ~ chor signal was designed for this test, which was created by mixing
are stereo recordings, and only one of the 2 channels was used ¢ original signals with level differences 2.5 dB instead of-14
our experiments. Signals (vi)-(vii) are a courtesy of rock band “Or-dB of the original stereo signals. The results of this test are shown
ange Moon”. Signals (viii)-(ix) were obtained from the VOICES in Fig. 3, and it is clear that the proposed approach (solid line in
corpug, available by OGI's CSLU [13]. Signals (x)-(xi) are actual the figure) introduces only a small degree of image width distortion
spot signals from a concert hall performaric@ he speech signals for ?1" nine telstlné:; S'Englls' At thre] S?me tlmea_the teeresEIts fog_the
were sampled at 22 kHz. Using these recordings, stereophonic si %?eoarbslg?oacso(rrgitl € elrr::?ail\?etirﬁalgg:zi)ciltr;\ (Ij(‘g;[grstigna}r: tﬁ;gujc?i(c:)ts
nals were created by mixing two monophonic signals at a time, Witl&l yDp 9

; ; ; ips. Overall, the results of this section justify our claim that high-
a relative level difference of:14 dB for the left and right channel : : . :
(amplitude panning). More specifically the following signals werequa“ty resynthesis can be obtained even when using a small number

) ) ] f sinusoids and LP order in each frame, as long as the audio sig-
created: (1) bass plus soprano, (2) guitar plus rock singer, (3) harp-, . : . -
sichord plus violin, (4) female plus male speech, (5) trumpet plusf als are rendered simultaneously. At the same time, the (inaudible

T -~ . ) n this case) leakage between the signals which is introduced by our
violin, (6) violin plus guitar, (7)-(9) male plus female chorus (three model results only in a small degradation of the image width of the

different parts of the recording). These nine signals correspond t riginal recording (after the monophonic signals are mixed in order
the Signals 1-9 in the figures depicting the results of the listenin b form the final stereo or multichannel recording)
tests of this section (modeling results). It is important to mention 9.

that excluding the chorus signals, the remaining monophonic sig;
nals do not contain any common information (crosstalk). In such
cases, the proposed model can result in high quality resynthesislifi this section, the perceived quality of the audio signals after the
the reference signal is derived as the summation (downmix) of theroposed modeling and coding procedure is evaluated. For this pur-
various monophonic signals, and this was the approach followed ipose we performed subjective (listening) tests by employing the

.2 Coding Performance

the results of this section. Degradation Category Rating (DCR) test. In this test, listeners
graded the codeds the original waveform using the aforemen-
Lhttp://sound.media.mit.edu/mpeg4/audio/sgam/ tioned 5-scale grading. For our listening tests, we used three signals,
2http://www.cslu.ogi.edu/corpora/voices/ referred to as Signals 1-3, which correspond taibeophonic cho-

3Provided by Prof. Kyriakakis of the University of Southern California rus signals of the previous sectidre(before they were mixed). The



spot signal, which can be considered as a very encouraging result.
Since this research is at an early stage, we are confident that the
required rates of the proposed system can be further reduced.

Not perceived| } 1 the model parameters can be coded with rates as low as 19 kbps per

Perceived, not annoying|- —
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